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SYSTEMS AND METHODS FOR ACOUSTIC 
BEAMFORMING USING DISCRETE OR 
CONTINUOUS SPEAKER ARRAYS 

FIELD OF THE INVENTION 

The invention relates generally to systems and methods for 
reproducing sound, and, more particularly, to phased array 
speaker systems for focusing sound into a speci?ed region. 

BACKGROUND 

In phased arrays of antennas, the relative phases of the 
signals feeding the antennas are varied so that the effective 
radiation pattern of the array is enhanced in a desired region 
and suppressed in undesired directions. Phased-array tech 
nology Was originally developed for radar systems, but has 
since also been used, for example, in radio astronomy, radio 
broadcasting, optical communication, sonar (sound naviga 
tion and ranging) systems, and loudspeaker systems for enter 
tainment. In sound applications, phased arrays are often 
referred to as beamformers. 

Beamforming techniques have supplemented the tradi 
tional functions of loudspeaker systemsisound ampli?ca 
tion and reproduction With a given level of clarity and intel 
ligibilityiWith the capability of containing sound Waves in a 
beam aimed at one or more particular points or listeners. This 
capability enables providing sound at a desirable volume 
level to a target person, While keeping the volume in the 
surrounding area beloW (or at least not signi?cantly above) 
the audible level, so as to avoid disturbing others. Acoustic 
beamforming can also be used to provide different audio 
stimuli to different people occupying the same room, e.g., a 
museum or lecture hall. Moreover, it can be employed to 
create more realistic stereo effects Without the need for head 
phones, or more complex directional sound, for example, in 
home entertainment audio systems. 

Existing audio beamforming systems suffer from a number 
of de?ciencies and con?icting goals. Most notably, the effec 
tiveness and precision of beamforming depends on the num 
ber of independently addressable speakers, and therefore, of 
system complexity. Usually, the greater the number of speak 
ers and ampli?ers, the better beamforming capabilities Will 
be. The feasibility of complex systems, hoWever, is subject to 
technical and economic constraints. The directionality of 
acoustic beams is further dependent on the frequency range of 
the signal. LoW-frequency components are less directional 
than hi gher-frequency components, thereby impacting sound 
?delity. 

Accordingly, there is a need for speaker systems and 
sound-reproducing methods Which achieve high-?delity 
beamforming Without unduly increasing system complexity. 

SUMMARY OF THE INVENTION 

The present invention employs, in various embodiments, 
continuous speaker membranes to increase beamforming 
capabilities While reducing complexity and cost. A continu 
ous electro-acoustic transducer membrane, combined With 
tWo or more independent drivers, facilitates the continuous 
variation of time delays betWeen vibrations of different parts 
of the membrane, and, thereby, betWeen acoustic sources at 
different locations. Effectively, it may improve beamforming 
performance in a manner similar to an increased number of 
independent speakers. 

The invention further provides, in some embodiments, 
methods to overcome the directionality limitations associated 
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2 
With loW frequencies by using higher harmonics of these loW 
frequencies in the signals sent to the speakers. This further 
increases the sound reproduction performance of acoustic 
beamformers. 

In a ?rst aspect, the invention provides, in various embodi 
ments, a system for acoustic beamforming that contains an 
elongated, continuous electro-acoustic transducer membrane 
and a plurality of spaced-apart drivers disposed along the 
length of the transducer. In some embodiments, the trans 
ducer membrane takes the form of a ribbon, i.e., a ?at or 
corrugated sheet Whose length is signi?cantly larger than its 
Width. Each driver applies a time-varying signal With an asso 
ciated time delay to an adjacent region of the transducer 
membrane; the time delays imposed by the various drivers are 
independent from one another. A driver, as the term is used 
herein, may be any element or combination of elements that 
takes an electrical signal as an input, and excites vibrations of 
the membrane in accordance With the signal. Drivers include, 
for example, electromagnets and pieZoelectric elements 
a?ixed to the membrane and imparting mechanical vibrations 
thereto, as Well as electric circuitry that applies an input signal 
to various electrically conductive regions of a membrane 
suspended Within a magnetic ?eld. In some embodiments, the 
system further includes one or more electrical ampli?ers that 
supply the signal to the drivers via output channels, each of 
Which is associated With a certain time delay. Moreover, some 
systems may include tWo or more continuous electro-acoustic 
transducer membranes, and corresponding sets of drivers dis 
posed along the membranes. 

In another aspect, the invention relates to a method of 
acoustic beamforming. In various embodiments, the method 
involves providing an elongated, continuous electro-acoustic 
transducer membrane, and driving the transducer at a plural 
ity of spaced-apart regions along its length according to a 
time-varying signal and time delays associated With the 
regions. The systems and components described above may 
be utiliZed in connection With this aspect of the invention. 
Since additional speakers may further increase beamforming 
performance, various embodiments of the method involve 
providing and driving at least a second continuous electro 
acoustic transducer membrane With a time-varying signal 
having time delays associated With different regions of the 
membrane. 

In yet another aspect, the invention provides a method for 
acoustic beamforming With improved directionality. 
Embodiments of the method involve receiving a multi-fre 
quency signal that represents sound, separating out loW-fre 
quency components from the signal, and generating higher 
harmonics, i.e., frequency-multiples, of the loW-frequency 
components. These higher harmonics are then combined With 
the multi-frequency signal, Which may (but need not) include 
the original loW-frequency components, to form an edited 
multi-frequency signal. The edited multi-frequency signal is 
supplied to a plurality of speaker drivers With various time 
delays. In some embodiments, the acoustic beamforming 
results in stereophonic sound. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The foregoing discussion Will be understood more readily 
from the folloWing detailed description of the invention When 
taken in conjunction With the accompanying draWings. 

FIG. 1 is a schematic diagram illustrating a beamforming 
system With multiple speaker drivers in accordance With one 
embodiment of the invention. 
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FIGS. 2A and 2B are schematic diagrams illustrating 
beamforming systems containing a continuous ribbon 
shaped membrane according to some embodiments. 

FIGS. 3A-3C are schematic diagrams illustrating a method 
of using continuous membranes and drivers With various time 
delays for acoustic beamforming according to some embodi 
ments. 

FIG. 4 is a conceptual depiction of a method for enhancing 
directionality according to one embodiment of the invention. 

FIG. 5 schematically depicts an exemplary electronic 
device incorporating a speaker system according to one 
embodiment of the invention. 

DETAILED DESCRIPTION OF THE INVENTION 

1. Speaker Array for Acoustic Beamforming 
In various embodiments, sound reproduction systems in 

accordance With this invention employ arrays of speakers to 
produce sound. In particular embodiments, the sound fre 
quencies are Within the audible range, i.e., betWeen about 15 
HZ and about 20 kHZ; hoWever, the invention can also be 
applied to subsonic (<15 HZ) and ultrasonic (>20 kHZ) fre 
quencies. The speakers may be fed from a single audio 
source, but are driven so as to produce regions of constructive 
interference: each speaker transmits sound delayed by an 
amount of time Which is inversely proportional to its distance 
from a selected point or region in space (hereafter also 
referred to as the target). As a result of these delays, the Wave 
fronts from all the speakers arrive at the target at the same time 
and approximately in phase. Consequently, their amplitudes 
add algebraically. Since sound intensity or volume is a func 
tion of the square of the signal amplitude, very signi?cant 
sound intensities at the target can be achieved for reasonably 
siZed arrays With speakers set to loW volume. 

In some embodiments, the audio output of the individual 
speakers may even be beloW the audible threshold, such that 
the output from any given speaker cannot be heard. HoWever, 
if each speaker has its output delayed such that the sound 
Waves from all the speakers reach the target at the same 
moment in time, the audio volume at that location Will be 
increased in proportion to the square of the number of speak 
ers employed in the array. Thus, With a suf?cient number of 
speakers producing inaudible volume levels of sound, the 
sound at the target Will be readily audible. At the other loca 
tions in the auditory space, the sound Waves Will generally 
arrive With different phases, and therefore not interfere con 
structively. This simple technique alloWs sound to be focused 
into a target location Within the room or other auditory space, 
While avoiding noise disturbances in the surrounding space. 
A conventional measure of sound volume, Which corre 

sponds roughly to the psychological “loudness” of sound, is 
the decuple of the decade logarithm of the ratio betWeen the 
volume of the sound in question and a reference volume, 
assigned units of decibels (dB). The reference volume is 
chosen to be a barely perceptible sound volume, i.e., the 
audibility threshold of the volume. Therefore, a sound right at 
the audibility threshold has a “loudness” of 0 dB. Since 
human perception of sound scales logarithmically, sound 
intensities measured in decibels are proportional to the per 
ceived loudness. For example, a sound of 20 dB appears tWice 
as loud as a sound of 10 dB, While the corresponding inten 
sities differ by a factor of ten. 
The array of speakers can be arranged in one, tWo, or three 

dimensions. For example, the speakers may be integrated into 
a Wall or ceiling, or distributed randomly Within a room. The 
time delays of the audio signals for each speaker may be 
calculated With respect to the delay of the speaker farthest 
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4 
aWay from the target location, Which may be set to any con 
stant, e.g., Zero. The difference betWeen the maximum dis 
tance and the distance betWeen any particular speaker and the 
target is divided by the speed of sound, Which is approxi 
mately 340 m/s (~l 100 feet per second) in air, to yield the 
required time delay for that speaker. In addition to the delay, 
the amplitude of the sound output of each speaker may be 
chosen to be proportional to the distance of the speaker from 
the target in order to compensate for the linear decrease of the 
sound amplitude With distance from the source. 

FIG. 1 illustrates an exemplary system 100 implementing 
the concepts described above in accordance With one embodi 
ment of the invention. The system 100 includes four repre 
sentative speakers 102, 104, 106, 108, arranged in a linear 
array. The ?rst speaker 102 is closest to a target represented by 
a listener’s ear E. The second speaker 104 is slightly more 
distant, and the third and fourth speakers 106, 108 are still 
more distant. A single audio source 110 provides a time 
varying audio drive voltage. In a delay line 112, the drive 
voltage is split up into multiple channels supplying the speak 
ers 102, 104, 106, 108, and an appropriate time delay is 
introduced in each channel based on the location of the cor 
responding speaker. For example, the speaker 108 farthest 
aWay from the target 102 may be fed a signal With time delay 
to (Which may be Zero), and speakers 106, 104, 102 receive 
signals delayed by successively larger time delays t1, t2, t3. 

Typically, the drive voltage, if originally analog, is con 
ver‘ted to a digital signal in anAD converter 114 by sampling 
at, e.g., a frequency of 44 kHZ. The time delays may be 
implemented With logic gates in an application speci?c stan 
dard product (ASSP), or in any other integrated circuit. For 
example, the digital signal, corresponding to audio ampli 
tudes at a series of points in time, may be stored in a memory 
stack 116 of a digital signal processor (DSP) such as the 
BLACKFIN from Analog Devices Inc., or, alternatively, of 
the random-access memory (RAM) of a general purpose 
computer (as illustrated in FIG. 1). The computer controls 
pointers 118, 120, 122, 124 for the speakers 102, 104, 106, 
108, Which are directed to particular memory registers 126, 
128, 130, 132 that are read out in synchronization With the 
stack 116 being incremented. In alternative embodiments 
(not shoWn), the system 100 may be adapted to use an analog 
drive voltage by implementing the time delays in an analog 
delay line 112. The delayed signals are ampli?ed in ampli?ers 
134, 136, 138, 140, Which may, for instance, be Class-D 
ampli?ers. Digital signals are converted to analog signals 
prior to ampli?cation. By using digital-input ampli?ers, sig 
nal conversion and ampli?cation may be combined. In some 
embodiments, the ampli?ers for several speakers may be 
combined into one circuit. Since, typically, the different 
speakers 102, 104, 106, 108 are driven With different linear 
combinations of tWo (stereo) signals, the speaker driver 
inputs may be shared betWeen multiple ampli?er channels if 
the devices are integrated. Further, in certain embodiments, 
the imposition of delays may be combined With signal ampli 
?cation in one device, e. g., in a Class-D ampli?er With addi 
tional digital circuitry implementing the delays. 
2. Continuous Electro-Acoustic Transducer Membrane 
The performance of beamforming systems increases gen 

erally With the number of speakers. Ideal performance Would 
be achieved With an in?nite number of speakers. A continuous 
ribbon speaker membrane amounts to a ?nite linear arrange 
ment of an in?nite number of speaker elements. HoWever, in 
a conventional sound reproduction system, the continuous 
membrane vibrates as a Whole according to one time-varying 
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signal. It therefore acts as a single line source of sound pres 
sure Waves, not as a number of independent point sources of 
sound. 

Various embodiments of the present invention utilize elon 
gated, continuous speaker membranes driven by tWo or more 
independent drivers. These drivers impart an audio Waveform 
on the membrane With different time delays depending on the 
distance betWeen the respective portion of the membrane and 
the target. Thereby, they alloW for the control of the Wave 
fronts of sound emanating from the membrane. 

FIG. 2 illustrates tWo exemplary embodiments of a system 
containing a continuous, ribbon-shaped membrane 200 and 
four drivers placed along its length. The system shoWn in FIG. 
2A utilizes a series of electromagnetic drivers 202 each 
including an electromagnet 204 fed by an electrical signal 
from the ampli?er 206, and an adjacent permanent magnet 
208 fastened to the membrane 200A. Via the magnetic ?eld of 
the electromagnet, the electrical input signal causes back 
and-forth motion of the permanent magnet, and, conse 
quently, vibrations of the portion of the membrane attached 
thereto. In an alternative embodiment (not shoWn), the elec 
tromagnetic drivers are replaced by piezoelectric drivers 
mechanically connected to the membrane. The membrane 
may be manufactured from conventional loudspeaker dia 
phragm materials, such as paper, plastics, or metal. 

FIG. 2B illustrates a system based on a thin, continuous 
ribbon membrane 200B suspended in a strong magnetic ?eld, 
and capable of conducting an electrical current I in the lon 
gitudinal direction of the membrane 200B. Suitable mem 
brane materials include, for example, aluminum, other metals 
or alloys, and conductive plastics. The magnetic ?eld is ori 
ented With its ?eld lines in the transverse direction of the 
membrane, and may, for instance, be created by tWo elon 
gated pole pieces 210, 212, each on one side of the membrane 
200B. As current is driven through the membrane, the result 
ing Lorentz force causes the membrane to vibrate in the 
direction perpendicular to its surface area. In various embodi 
ments, the membrane includes electrically conductive sec 
tions 214 separated by narroW electrically isolating sections 
216. Electrical circuitry 218 connects each conducting sec 
tion 214 With an output channel of an ampli?er 206. In one 
embodiment, tWo Wires 220, 222, corresponding to the plus 
and the minus pole of the ampli?er output, may be connected 
to the conducting membrane section 214 at opposite ends, 
i.e., With one Wire connected to the conducting section close 
to one adjacent isolating section 216, and the other Wire close 
to the other adjacent isolating section 216. Due to the isolat 
ing sections 216, each conductive section 214 can be driven 
independently. 

FIGS. 3A-3C illustrate the direction of sound emanating 
from a continuous ribbon-shaped membrane for three con 
?gurations of the membrane and the time delays of driver 
elements along the membrane. In FIGS. 3A and 3B, the 
ribbon 300 is straight. If all drivers 302 Were in phase, the 
resulting Wave front Would be parallel to the membrane, 
propagating in the direction normal to the membrane. If, 
hoWever, each driver receives a signal shifted by a time inter 
val proportional to its distance from a ?rst driver, as indicated 
by the time-delay arroWs in the delay elements 304 of FIG. 
3A, the Wave front 306 is tilted With respect to the membrane 
300, and propagates along an angle 308 to the normal direc 
tion. In FIG. 3B, the driver signals are advanced With respect 
to a centrally located driver 304' by a time interval that 
increases With the distance from the central driver 304'. This 
set of delays results in a curved Wave front 310 Which focuses 
at a certain distance from the membrane 300. The same Wave 
front can be achieved With the embodiment illustrated in FIG. 
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3C, Wherein the ribbon membrane 300C itself is curved, and 
is driven by drivers 302 in phase With each other. 

Additional embodiments may combine features of the 
exemplary embodiments described above, and may include 
one, tWo, or several continuous membranes. The various driv 
ers along one membrane may receive their signals from one or 
more ampli?ers, and one ampli?er may supply signals to one 
or more membranes. Further, membrane shapes are not nec 
essarily limited to ribbons, but may, e. g., include rectangular 
geometries; and driver arrangements behind a membrane may 
be one-dimensional or tWo-dimensional. 
3. Beamforming With Improved Directionality 
The divergence of acoustic beams increases With decreas 

ing sound frequency, limiting the directionality of sound With 
loW-frequency components. This problem can be circum 
vented by utilizing higher harmonics, i.e., integer multiples, 
of the loW-frequency components, as illustrated conceptually 
in FIG. 4. A multi-frequency audio-signal 400 is separated 
into medium-frequency and hi gh-frequency components 402 
and loW-frequency components 404. The loW-frequency 
components 404 are subsequently shifted to integer multiple 
frequencies that fall into the medium-frequency to high-fre 
quency range. These “higher harmonics” 406 contain in 
essence the same sound information as the original loW 
frequency components. The original medium-frequency and 
high-frequency components 402 are combined With the 
higher harmonics 406 to form the edited multi-frequency 
signal 408, Which may then be supplied to a sound reproduc 
tion and beamforming system such as, e.g., the ones illus 
trated in FIGS. 1 and 2. The resulting sound exhibits better 
focusing properties and directionality than the original signal. 
While the edited audio signal 408 is, strictly speaking, not a 
true reproduction of the original, the perceived sound quality 
may be as high or even higher than that of the original sound 
400. 
The method described above can be implemented in a 

variety of Ways. For example, the audio signal 400 may be 
digitized, and the ?ltering, generation of higher harmonics, 
and signal addition may be carried out by a computer or other 
digital signal processing system, such as on a Sigma DSP. The 
edited digital signal may then be converted into an analog 
signal, ampli?ed, and supplied to the drivers of a beamform 
ing system. In an alternative embodiment, the original signal 
passes through an electronic ?lter separating out a loW-fre 
quency band, and the generation of higher harmonics is 
accomplished through analog non-linear electronic circuits. 
An exemplary circuit diagram implementing this functional 
ity is, for example, illustrated in FIG. 7 of Us. patent appli 
cation Ser. No. 11/257,123, ?led Oct. 25, 2005, Which is 
hereby incorporated by reference in its entirety. 
4. Applications 
Beamforming systems and methods as described above 

may be employed in a variety of stationary and mobile set 
tings. For instance, a set of speakers may be ?xedly arranged 
in one, tWo, or three dimensions in a room, such as a living 
room or a museum hall, and may be driven to focus sound into 
a particular area Within that room, e.g., above a sofa in the 
living room, or in front of an exhibit in the museum. Thereby, 
sound is delivered to a desired location, and disturbance to 
people outside that region is minimized. Beamforming sys 
tems may also be integrated into portable devices, such as 
laptops, PDA’S, handheld game consoles, speaker phones, 
portable CD players, etc. FIG. 5 illustrates a laptop 500 With 
tWelve representative speaker membranes 510 built into the 
screen frame 515. A user may adjust the time delays betWeen 
the various speakers such as to maximize sound intensity for 
herself, Which corresponds to the maximization of construc 
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tive interference at the position of the user’s ears, as she 
operates the laptop 500. Persons in the surrounding area are 
subject to much loWer sound levels as a consequence of 
destructive interference. In this manner, beamforming sys 
tems alloW users of portable devices to enjoy their devices’ 
audio features in public Without the need to Wear earphones to 
avoid disturbing others. 

While the invention has been particularly shoWn and 
described With reference to speci?c embodiments, it should 
be understood by those skilled in the art that various changes 
in form and detail may be made therein Without departing 
from the spirit and scope of the invention as de?ned by the 
appended claims. The scope of the invention is thus indicated 
by the appended claims and all changes Which come Within 
the meaning and range of equivalency of the claims are there 
fore intended to be embraced. 

What is claimed is: 
1. A system for acoustic beamforming, comprising: 
(a) an elongated, continuous electro-acoustic transducer 
membrane having a length; and 

(b) a plurality of spaced-apart drivers disposed along the 
length of the transducer, the drivers each independently 
driving an adjacent region of the transducer according to 
a time-varying signal applied thereto With an associated 
time delay. 

2. The system of claim 1 Wherein the electro-acoustic 
transducer membrane is substantially ribbon-shaped. 

3. The system of claim 1 Wherein the drivers are electro 
magnetic drivers. 

4. The system of claim 1 Wherein the drivers are pieZoelec 
tric drivers. 

5. The system of claim 1 Wherein the electro-acoustic 
transducer membrane is suspended in a magnetic ?eld and 
comprises electrically conductive sections. 

6. The system of claim 1 further comprising at least one 
electrical ampli?er for supplying the time-varying signal to 
the drivers via output channels each associated With a time 
delay. 

7. The system of claim 1 further comprising at least a 
second elongated, continuous electro-acoustic transducer 
membrane having a length and a second plurality of spaced 
apart drivers disposed along the length of the second trans 
ducer, the second membrane and second drivers cooperating 
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With the other membrane and the other drivers so as to 
enhance the beamforming performance thereof. 

8. A method for acoustic beamforming With improved 
directionality, the method comprising: 

(a) receiving a multi-frequency signal representing sound; 
(b) separating out loW-frequency components from the 

signal, and generating higher harmonics of the loW 
frequency components; 

(c) combining the multi-frequency signal With the higher 
harmonics to form an edited multi-frequency signal; and 

(d) supplying the edited multi-frequency signal to a plural 
ity of speaker drivers With various time delays. 

9. The method of claim 8 Wherein the edited multi-fre 
quency signal comprises the loW-frequency components. 

10. The method of claim 8 Wherein the edited multi-fre 
quency signal lacks the loW-frequency components. 

11. The method of claim 8 Wherein the acoustic beamform 
ing results in stereophonic sound. 

12. A method of acoustic beamforming, the method com 
prising the steps of: 

(a) providing an elongated, continuous electro-acoustic 
transducer membrane having a length; and 

(b) driving the transducer at a plurality of spaced-apart 
regions along the length according to a time-varying 
signal and time delays associated With the regions. 

13. The method of claim 12 Wherein the electro-acoustic 
transducer membrane is substantially ribbon-shaped. 

14. The method of claim 12 Wherein the drivers are elec 
tromagnetic drivers. 

15. The method of claim 12 Wherein the drivers are pieZo 
electric drivers. 

16. The method of claim 12 Wherein the electro-acoustic 
transducer membrane is suspended in a magnetic ?eld and 
comprises electrically conductive sections. 

17. The method of claim 12 further comprising: 
(c) providing a second elongated, continuous electro 

acoustic transducer membrane having a second length; 
and 

(d) driving the second transducer membrane at a plurality 
of spaced-apart regions along the second length accord 
ing to the time-varying signal and time delays associated 
With the regions. 

* * * * * 


